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DETAILED ACTION 

1 . This Office Action is in response to correspondence field July, 7, 2009. Claims 1- 
5, 9-15 and 28 are pending and have been examined. 

Response to Amendment 

2. The amendment filed July 7, 2009 has been accepted and considered in this 
office action. Claim 1 has been amended, and claim 28 has been added. 

Response to Arguments 

3. Applicant's arguments filed July 7, 2009 have been fully considered but they are 
not persuasive. 

4. Regarding applicants arguments, see Remarks, page 5 and 6, that the prior art 
does not teach " wherein selecting audio frequency components comprises selecting 
audio frequency components having a frequency less than a predetermined frequency 
in the audible range" the examiner respectfully disagrees. Applicant argues, that MPEG 
audio is not subject to being filtered at a Nyquist frequency. Examiner contends MPEG 
signals must inherently be filtered at the Nyquist frequency when they are encoded. 
MPEG signals, are digital signals, which mean they must be sampled from analog 
signals. At this sampling (A/D conversion) filtering is a must in order to avoid 
distortions. Even if all frequency components are selected for analysis such as that of 
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the current application, all components would be below a frequency in the audible 
range. 

Claim Rejections - 35 USC § 103 

5. The text of those sections of Title 35, U.S. Code not included in this action can 
be found in a prior Office action. 

6. Claims 1, 3-5, 10, 11-13, 14, and 28 are rejected under 35 U.S.C. 103(a) as 
being unpatentable over Saunders (Real-Time Discrimination of Broadcast 
Speech/Music) in view of Tzanetakis et al (Sound analysis Using MPEG Compressed 
Audio) in view of Pohlmann (Principles of Digital Audio). 

7. Consider claim 1 , Saunders teaches a method for classifying an audio signal (we 
describe a technique which is successful at discriminating speech from music; page 
993, column 1, line 1), the method comprising: 

receiving an audio signal to be classified (this is a technique for discriminating 
speech from music from an FM broadcast; page 993, column 1 , line 2); 

analyzing selected audio signal components (The first step is to measure the 
ZCR of the signal over a 2.4 second segment of the data; page 994, column 2, line 43); 

recording a result of analysis of the selected audio signal components (would be 
inherent in order to compare it); 
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comparing the recorded result of analysis to a threshold value (If this statistic 
exceeds a specific threshold, the distribution outside these bounds is significantly 
skewed and the waveform is likely speech; page 994, column 2, line 43); and 

classifying the audio signal based upon comparison of the recorded result of 
analysis and the threshold value (If this statistic exceeds a specific threshold, the 
distribution outside these bounds is significantly skewed and the waveform is likely 
speech; page 994, column 2, line 43). 

Saunders does not specifically teach that the audio signal components are audio 
frequency components. 

In the same field of audio analysis, Tzanetakis teaches the audio signal 
components are audio frequency components. (Tzanetakis analyzes MPEG audio files, 
which stores subband information that were converted via a filter bank; overview of 
MPEG 2. IN order to use traditional analysis such as zero-crossing, MPEG data must 
be decoded; introduction 1, paragraph 2). 

Therefore it would have been obvious to one of ordinary skill in the art at the time 
of the invention to combine the decompression of Tzanetakis with system of Saunders 
in order to be able to apply the traditional methods of Saunders to MPEG audio files, 
Cook introduction 1 , paragraph 2. 

Saunders and Tzanetakis do not specifically teach selected audio frequency 
components having a frequency less than a predetermined frequency. 

In the same field of audio encoding, Pohlmann teaches selecting audio frequency 
components having a frequency less than a predetermined frequency (sampled audio 
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must be passed through a low pass filter at the Nyquist frequency in order to prevent 
distortion called aliasing; page 30, prevention section. By Nyquist filtering, signal 
components have been reduced.). 

Therefore it would have been obvious to combine the sampling of Saunders and 
Tzanetakis with the filtering of Pohlmann in order to prevent aliasing during the 
sampling of an audio signal, thus maintaining audio quality. 

8. Consider claim 3, Saunders and Tzanetakis teach the method according to claim 
1 , wherein analyzing the selected audio frequency components comprises transforming 
the selected audio frequency components to time domain components (Tzanetakis 
analyzes MPEG audio files, which stores subband information that were converted via a 
filter bank; overview of MPEG 2. decoding MPEG inherently comprises transforming 
subband information back to time domain signals) and counting zero point transitions of 
the selected audio signal components (The first step is to measure the ZCR of the 
signal over a 2.4 second segment of the data; page 994, column 2, line 43. Measuring 
the Zero Crossing Rate would entail counting the number of zero crossings). 

9. Consider claim 4, Saunders and Tzanetakis teach the method according to claim 
1 , wherein recording a result of analysis of the selected audio frequency components 
comprises transforming the selected audio frequency components to time domain 
components (Tzanetakis analyzes MPEG audio files, which stores subband information 
that were converted via a filter bank; overview of MPEG 2. decoding MPEG inherently 
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comprises transforming subband information back to time domain signals) and 
recording a count value of a number of zero point transitions of the selected audio 
signal components (The first step is to measure the ZCR of the signal over a 2.4 second 
segment of the data; page 994, column 2, line 43. Measuring the Zero Crossing Rate 
would entail counting the number of zero crossings. This number would inherently have 
to be stored somewhere in order to process it or manipulate it). 

Consider claim 5, Saunders, Tzanetakis and Pohlmann the method according to 
claim 1, further comprising selecting audio frequency components prior to analyzing 
selected audio frequency components, wherein said selecting audio frequency 
components comprises passing the audio signal through a low pass filter for filtering out 
audio frequency components having a frequency greater than a predetermined 
frequency thereby reducing an amount of audio information to be analyzed. (Pohlmann, 
sampled audio must be passed through a low pass filter at the Nyquist frequency in 
order to prevent distortion called aliasing; page 30, prevention section. By Nyquist 
filtering, signal components have been reduced.). 

10. Consider claim 10, Saunders teaches the method according to claim 1, wherein 
classifying the audio signal occurs at a receiving end of an audio transmission system 
(this is a technique for discriminating speech from music from an FM broadcast; page 
993, column 1, line 2). 
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1 1 . Consider claim 1 1 , Saunders teaches the method according to claim 1 , wherein 
the audio signal is one of an analog signal and a digital signal (A sample rate of 16Khz 
was chosen for this discrimination technique; page 995, column 1 line 1 . If something is 
sampled it is well understood that it is being converted to a digital signal, this is a 
technique for discriminating speech from music from an FM broadcast; page 993, 
column 1 , line 2. This further tells us that the signal started out as an analog signal as 
at the time of the publication of Saunders all FM broadcasts were analog.). 

12. Consider claim 12, Saunders, Tzanetakis, and Pohlmann teach the method 
according to claim 1 , but does not specifically teach wherein the threshold value used in 
the comparison is pre-determined and pre-set by a user. 

However Saunders does teach Data was collected manually by listening, 
collecting and storing features, and labeling the segment. A variety of content was 
processed, including talk, commercials, and many types of music. Once the classifier 
was trained, the parameters were stored and fed into the real-time feature 
extraction/classifier routine; page 995, column 1, line 33. 

With data being collected manually, it must be entered manually, and although is 
not specifically the threshold, one of ordinary skill in the art that the training of the 
classifier by manually collecting data is changing the threshold. Therefore in fact, the 
user is in a way changing the threshold value is preset and determined by the user. 
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13. Consider claim 13, Saunders teaches the method according to claim 1, wherein 
the threshold value used in the comparison determined through trial and error of a 
plurality of iterations in a comparing device (Data was collected manually by listening, 
collecting and storing features, and labeling the segment. A variety of content was 
processed, including talk, commercials, and many types of music. Once the classifier 
was trained, the parameters were stored and fed into the real-time feature 
extraction/classifier routine; page 995, column 1, line 33). 

14. Consider claim 14, Saunders teaches the method according to claim 1, wherein 
analyzing selected audio frequency components comprises counting zero point 
transitions of the audio signal for a predetermined period of time (The first step is to 
measure the ZCR of the signal over a 2.4 second segment of the data; page 994, 
column 2, line 43. Measuring the Zero Crossing Rate would entail counting the number 
of zero crossings). 

1 5. Consider claim 28, Pohlmann suggests the method according to claim 1 , wherein 
the predetermined frequency is approximately 4K Hz (sampled audio must be passed 
through a low pass filter at the Nyquist frequency in order to prevent distortion called 
aliasing; page 30, prevention section. By Nyquist filtering, signal components have been 
reduced. The exact frequency is a matter of design choice, but it is noted that 
telephone signals are sampled at 8khz, meaning the filtering frequency is 4kHz). 
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16. Claim 2 is rejected under 35 U.S.C. 103(a) as being unpatentable over Saunders 
in view of Tzanetakis in view of Pohlmann as applied to claim 1 above, and further in 
view of Carey (A Comparison of Features for Speech, Music Discrimination). 

1 7. Consider claim 2, Saunders in view of Tzanetakis and Pohlmann teaches the 
method according to claim 1 , but does not specifically teach wherein classifying the 
audio signal based upon comparison of the recorded result of analysis and the 
threshold value further comprises: 

if the recorded result of analysis is greater than the threshold value, then the 
audio signal is determined to be music; and 

if the recorded result of analysis is less than the threshold value, then the audio 
signal is determined to be speech. 

In the same field of speech/music discrimination, Carey teaches if the recorded 
result of analysis is greater than the threshold value, then the audio signal is determined 
to be music (table 1 shows that the mean value of number of zero crossing (u) for music 
0.18 is greater than that of speech 0.17); and 

if the recorded result of analysis is less than the threshold value, then the audio 
signal is determined to be speech (table 1 shows the mean value of zero crossing for 
speech 0.17 was less that music 0.18). 

Although Saunders in view of Tzanetakis and Pohlmann uses a slightly different 
zero crossing analysis method than does Carey, it would have been obvious to one of 



Application/Control Number: 10/695,125 Page 10 

Art Unit: 2626 

ordinary skill in the art at the time of the invention to use the parameters of Carey as this 
method would be computationally inexpensive (Carey page 151, column 2, section 4.4). 

18. Claims 9, 1 5 are rejected under 35 U.S.C. 1 03(a) as being unpatentable over 
Saunders and in view of Tzanetakis and Pohlmann as applied to claim 1 above and 
further in view of Benyassine. 

19. Consider claim 9, Saunders and Tzanetakis and Pohlmann teach the method 
according to claim 1 , but does not teach specifically wherein classifying the audio signal 
occurs at a transmitting end of an audio transmission system. 

However in the same field of music and speech discrimination Benyassine 
teaches classifying the audio signals at a transmitting end of an audio transmission 
system (Figure 1 , encoder 112, part of transmission side, may contain a music classifier 
with voice activity detector; column 3, line 62.) 

Therefore it would have been obvious to one of ordinary skill in the art at the time 
of the invention to classify the music or voice at the transmitting side of the system as 
taught by Benyassine in order to determine properties of the signal in order to best 
encode the signal for transmission (Benyassine; column 1 line 62 - column 2 line 13). 

20. Consider claim 15, Saunders Tzanetakis and Pohlmann teach the method 
according to claim 1 , but does not specifically teach further comprising: 

converting the audio signal from an analog signal to a digital signal; 
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encoding the audio signal; 

packetizing the audio signal; 

transmitting the audio signal; 

decoding the audio signal; and 

processing the audio signal, wherein processing at least comprises one of storing 
the audio signal and playing the audio signal. 

However in the same field of music and speech discrimination Benyassine 
teaches converting the audio signal from an analog signal to a digital signal (figure 1, 
A/D converter 108); 

encoding the audio signal (figure 1 , encoder 1 1 2); 

packetizing the audio signal (communication devices 102 and 106 may be 
cellular telephones radios, or VoIP systems; column 3 line 6-1 1 . Cell phones and VoIP 
systems both used packetized data); 

transmitting the audio signal (figure 1 , signals are transmitted over 
communication medium 104); 

decoding the audio signal (using decoder 114, figure 1); and 

processing the audio signal, wherein processing at least comprises one of storing 
the audio signal and playing the audio signal (output of system is synthesized speech 
signal 120, figure 1). 

Therefore it would have been obvious to one of ordinary skill in the art at the time 
of the invention to use the transmission scheme of Benyassine with the audio 
classification method of Saunders, Tzanetakis, and Pohlmann in order to provide an 
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efficient way to effectively transmit audio signals (Benyassine; column 1 line 62 - 
column 2 line 13). 

Conclusion 

21 . THIS ACTION IS MADE FINAL. Applicant is reminded of the extension of time 
policy as set forth in 37 CFR 1 .136(a). 

A shortened statutory period for reply to this final action is set to expire THREE 
MONTHS from the mailing date of this action. In the event a first reply is filed within 
TWO MONTHS of the mailing date of this final action and the advisory action is not 
mailed until after the end of the THREE-MONTH shortened statutory period, then the 
shortened statutory period will expire on the date the advisory action is mailed, and any 
extension fee pursuant to 37 CFR 1 .136(a) will be calculated from the mailing date of 
the advisory action. In no event, however, will the statutory period for reply expire later 
than SIX MONTHS from the mailing date of this final action. 

Any inquiry concerning this communication or earlier communications from the 
examiner should be directed to DOUGLAS C. GODBOLD whose telephone number is 
(571)270-1451 . The examiner can normally be reached on Monday-Thursday 7:00am- 
4:30pm Friday 7:00am-3:30pm. 

If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, Richemond Dorvil can be reached on (571) 272-7602. The fax phone 
number for the organization where this application or proceeding is assigned is 571- 
273-8300. 
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Information regarding the status of an application may be obtained from the 
Patent Application Information Retrieval (PAIR) system. Status information for 
published applications may be obtained from either Private PAIR or Public PAIR. 
Status information for unpublished applications is available through Private PAIR only. 
For more information about the PAIR system, see http://pair-direct.uspto.gov. Should 
you have questions on access to the Private PAIR system, contact the Electronic 
Business Center (EBC) at 866-217-9197 (toll-free). If you would like assistance from a 
USPTO Customer Service Representative or access to the automated information 
system, call 800-786-9199 (IN USA OR CANADA) or 571-272-1000. 

DCG 

/Richemond Dorvil/ 

Supervisory Patent Examiner, Art Unit 2626 



